Abstract-Supporting delay sensitive real-time traffic such as video and voice over wireless local area network-based (WLAN) long distance wireless mesh networks (LDWMN) is a challenging and attractive task. To support real-time traffic, an efficient quality of service (QoS)-aware rate control (QARC) algorithm is proposed, which aims to improve the system performance by adapting the transmission rate to the current link condition in the design of LDWMN for rural areas. The proposed QARC is simply based on local acknowledgement frames to indicate the correct reception of the packet, and hence it is compatible with the current WLAN mesh networks. QARC will adaptively select best rate according to the sequence of consecutive rate selections which is depicted by hidden Markov model. Based on the simulation and its comparison with the numerical analysis, it shows that the proposed rate control algorithm QARC closely approximates the ideal case with the perfect knowledge about the channel, and yields significantly higher throughput, lower packet loss rate and end-to-end delay than existed schemes in long distance environment.
I. INTRODUCTION
Wireless local area network (WLAN) mesh networking [1] is an attractive solution for home, community, and enterprise networks as it is a selfconfiguring, instantly deployable, low-cost networking system. WLAN long distance wireless mesh network (LDWMN) has in recent years provided an alternative technology for last-mile broadband Internet access service. There has been considerable recent interest [1, 25, 26] in the design of long-distance mesh networks for rural areas, using IEEE 802.11 [2] WLAN equipment. Rural areas (especially in developing regions) have populations with low paying capacity. Hence, a major factor in network deployment is the cost of network infrastructure. IEEE 802.11 equipment is highly commoditised and inexpensive compared to traditional cellular and wireline networks, and is thus an attractive option for building data networks in rural areas [27, 28] . Recently, the 802.11 working group in IEEE has started working on mesh networks in the task group identified as TGs [3] , which will produce the 802.11s standard for mesh networks. A WLAN extended service set (ESS) mesh network is composed of mesh points (MPs) which provide multi-hop connectivity through the wireless network interface and can be implemented in consumer electronic devices as well as laptop computers, mesh access points (mesh APs or MAPs) which have additionally access point functionality, MP portal (MPP). The multi-hop connectivity of WLAN mesh networks will provide good performance for LDWMN. However, LDWMNs have certain important features which make them different from traditional wireless mesh networks (WMNs). The first is the absence of mobility, related to the fact that to achieve long-distance connections it is necessary to use high gain antennas. These antennas are directional and thus require accurate pointing. This excludes the use of mobile nodes. The lack of mobility simplifies data routing, which can be done in the same way as in wired networks. Another important implication of using high gain antennas is that they reduce the number of hops between source and destination. The high gain provides much higher coverage than omnidirectional antennas and thus reduces the number of hops between source and destination. The frequency band used, however, requires optical visibility between adjacent nodes. Another important feature of LDWMN is that the nodes between the source and destination nodes are wireless routers with a network card for each link. These routers eliminate the need to alternate between transmission and reception in a single node, providing a continuous flow of data between the various links. Especially in rural area, the LDWMNs have two key characteristics, 1) a fixed topology (a node in this network is a village), and 2) longdistance links between the nodes, which will greatly degrade end-to-end performance of real-time traffic. Designing a good rate control scheme to support delay sensitive real-time traffic such as video and voice over WLAN-based LDWMN is a challenging and attractive task. A simple approach to support real-time traffic is to use the local ACK information to guide rate selection. However such schemes [10, 11, 12] are simple heuristic methods and lack theoretical analysis. Other approaches based on accurate channel estimation require extra implementation effort and modifications to the current 802.11 standard [15, 16, 17] .
In this paper, we focus on providing quality of service (QoS) for real-time traffic by employing an efficient rate control scheme in WLAN-based LDWMN. An efficient QoS-aware rate control (QARC) algorithm is proposed which is able to adjust the transmission rate dynamically to the wireless channel variation. The proposed algorithm is simply based on local ACK frames to indicate the correct reception of the packet and is compatible with the current WLAN mesh networks. The key idea is to direct the transmitter's rate selection attempts in an adaptive learning manner. Moreover, the proposed learning algorithm is convergent quickly.
The rest of this paper is organized as follows. Section II reviews the related work. Section III describes the details of the proposed rate adaptive intelligent control algorithm. Section IV presents and assesses the simulation results. Finally, Section V concludes the paper.
II. RELATED WORK
LDWMNs are a recent topic and so have not been widely studied, and several papers published in the last few years have addressed various aspects of these networks including routing and rate adaptation schemes. A typical WLAN based LDWMN consists of a cluster of communities connected with each other through point-topoint wireless links. Some special nodes in this mesh, called the gateway nodes, are connected to the wired internet. Other mesh nodes connect to the gateway nodes (and thus, to the rest of the internet) through one or more hops in the mesh.
Recent research results in [4, 5, 18, 19] show that the WLAN mesh network performs poorly on heavy traffic and multihop case, in particular for real-time flows subject to multiple hops in long distance environment. In addition, the protocol fails to dispense the available bandwidth fairly to the requesting nodes. In the WLAN ESS mesh networking, designing the power efficiency and high capacity link adaptation scheme for interconnecting APs to form an efficient multihop network supporting QoS is a challenge [20, 21, 22] . However, supporting delay sensitive real-time applications such as video and voice over wireless mesh networks is attractive and necessary. Due to the conservative nature of the link adaptation schemes implemented in most 802.11 devices, the current 802.11 wireless systems are likely to show low bandwidth utilization [2, 6, 7, 8] .
Network performance is degraded by the interference and time varying property of the wireless channel [21] . In order to address this problem, a simple way of performing rate control is that the transmitter station makes the link adaptation decision solely based on its local ACK information. The authors described the ARF (Auto Rate Fallback) rate adaptation scheme in [9] , which alternates transmission rates based on the ACK counts. However such scheme cannot react quickly to fast wireless channel variations for it attempts increasing the transmission rate at a fixed frequency of every 10 consecutive successful frame transmissions. On the other hand, it may overreact when the wireless channel condition varies slowly. The authors of [10] proposed an enhancement scheme of the ARF to adaptively use a short probing interval and a long probing interval to deal with the fast-fading and slow-fading wireless channels. In [14] , a MPDU-based (MAC Protocol Data Unit) link adaptation scheme was proposed based on the theoretical analysis, which pre-establishes a best PHY mode table by applying the dynamic programming technique. However, such approach requires extra implementation effort and modifications to the current 802.11 standard. In [11] , a VSVR (Variable Size and Variable Rate) scheme was proposed, which uses a goodput regulator to maintain the committed goodput for non-greedy applications and an optimal frame size predictor for maximizing the goodput for greedy applications. Such method is a heuristically method and will increase the computation burden. The drop in throughput as the number of hops increases, due to the fact that the network boards in wireless routers are transceivers using the CSMA/CA protocol, which prevents a wireless device from receiving and transmitting data simultaneously. The authors of [13] proposed a hybrid CSI (Channel State Information) rate control scheme. Although the scheme is very simple and easy to implement in devices, it is a heuristic method. In [12] , a link adaptation scheme was presented. However, since such scheme operates under the assumption that all the transmission failures are due to channel errors, it does not perform well in multiuser environments, where many transmissions might fail due to collisions.
Although there are so many attempts to improve performance of LDWMN, it is very necessary to adapt the behavior of the protocols and implement devices that will take into account the particular features of LDWMN. The less mobility, linked to the fact that high-gain antennas need to be used in order to achieve longdistance connections and high-gain antennas, which provides much better coverage than omni-directional ones and reduces the number of hops between source and destination. In such case, it is very important and useful to design a good rate control scheme to improve QoS for real-time traffic. Another benefit of a good rate control scheme is that it can implement power saving and power optimization in wireless multi-hop networks, which will efficiently prolongs lifetime of station.
III. PROPOSED QOS-AWARE RATE CONTROL ALGORITHM
In the following analyze, we just consider the IEEE 802.11a PHY for convenience in IEEE 802.11 WLANbased mesh networks. Actually, the similar way can be used to analyze other PHY without much difficulty. In IEEE 802.11a PHY, eight different data transmission rates are supported by using M-ary QAM (Quadrature Amplitude Modulation). In order to reduce the error probability, convolutional coding and data interleaving techniques are used for forward error correction (FEC). There are three different code rates used in the standard.
A. Bit Error Rate over the AWGN Channel
The symbol error probability ( ) P γ with SNR γ for M-ary QAM is ( M =4, 16, and 64):
With Gary coding, we can get the BER e P for M-ary QAM:
Let R P be the BER for IEEE 802.11a with transmission rate R , With FEC, under the assumption of binary convolutional coding and hard-decision Viterbi decoding with independent errors at the channel input the union bound for R P is [15] :
where free d is the free distance of the convolutional code, k c is the total number of error events with k bit errors, and k P is the probability that an incorrect path at distance k from the correct path being chosen by the Viterbi decoder.
B. Proposed QARC algorithm
The proposed QoS-aware rate control algorithm QARC maintains a control probability vector to select an action among a set of actions at time. In this system, the probability vector is the rate selection probability vector 
So we can get the throughput:
. In order to maximize the throughput, the transmitter is required to find the index of the best transmission rate. Such an approach requires the knowledge of channel state during each transmission period.
Denote the set of rate links as Q , and let | | Q denote the cardinality of the set Q . We define the time point while the rate control event as event T . We refer to N consecutive selections as n -graph. The special case of single rate selection is referred to as unigraph. Two consecutive selections are referred to as digraph in the literatures, and trigraph means three consecutive rate selections, etc. Given a sequence of consecutive rate selections , where m is the number of rate selection sequence, we have n -graph with the size of 1 m n − + . We define the duration of n -graph 1 2 { , , , | ,
as follows:
The durations of n -graph are used as timing features for further analysis in our proposed model. We make a natural assumption that the n -graph, with duration y , ( | ) P y q , forms a Gaussian distribution: 
where q μ is the mean value of the duration y for ngraph, and q σ is the standard deviation. By using Gaussian modeling, we can give higher probability to the n -graph durations of test samples that is more close to the n -graph mean durations of reference samples, and lower probability to the n -graph duration that is far from the mean of the n -graph for the reason that the individuals could be temporarily out of regular typing behavior, and we can take the irregular typing behavior without discarding the possibility that the set of n -graph durations provided by the corresponding individuals.
With the limitation that we are unable to collect all the rate selections of the station and calculate the exact parameters of the means and variances for each distinct combination of n -graph durations. We have to deduce 
The state transition matrix A is the probability of the frequency that the [ 1 n + ]-graph appeared in the as follows:
The state emission matrix η here is defined as the Gaussian distribution probability of the n -graph 
We make the assumption that each station has its own HMM with ( , , ) A λ η π = for station's rate selection timing characteristics. The problem to solve is that, given a rate selection sequence and its timing information, we have to choose one from the number of HMMs which has the highest probability to generate the rate selection sequence S . Consequently, first we have to calculate the probability of rate selection sequence S for each HMM.
The state probabilities α 's of each state can be computed by first calculating α for all states at
Then for each time step 2, , t k = , the state probability α is calculated recursively for each state: 
Finally, the probability of rate selection sequence S given a HMM ( , , ) A λ η π = is as follows:
The emission probabilities take less computation to obtain since we use the Gaussian distribution to model observed states. In general, the key problem is to adjust the rate selection probability. In the adjusting process, given a rate selection sequence S from a station with claimed identity ID , we wish to examine the possibility that S generated by ID . First we transform the rate selection sequence S to n -graph combinations G and calculate the timing information of n -graph duration as usual. At this moment, we have ( , , | ) ( , , | ).
In the selection procedure, given a rate selection sequence , where l is the number of HMM. The problem is to choose the best one from λ 's which most probably generated S or there is no such one existed. In the beginning, the rate selection sequence is transformed to n -graph combinations
and the timing information of ngraph duration
ID P S G GD λ for each HMM in λ 's is produced by the proposed forward algorithm. We select station U with the maximum probability over others', such as:
After that, we produce a vector for station U , such that V :
where ε is the weighting factor,
σ is U 's duration standard deviation of n -graph . Again we apply the proposed forward algorithm mentioned above to obtain two probability value ( , , | )
≥ , the rate selection sequence generated by station U is confirmed.
The stochastic rate control algorithm QARC randomly selects a transmission rate prior to transmission of a frame. The rate selection probability vector is altered by an iterative updating process, which maximizes the probability of assigning the best transmission rate. Then, the rate adaptation and transmission proceeds with the fixed ( ) p n until every rate is selected at least M number of times after which ( ) p n is augmented at each n . Following each transmission, the transmitter receives an ACK signal indicating the successful reception of the data packet. If no ACK or error ACK (NACK) is received, it indicates the packet transmission failure. The current and the past ACK signals are used in augmenting the probability vector ( ) p n toward the optimum. This is done by maintaining a time-varying estimation of throughput values ( ) S n ′ for each i R . Following each transmission period, an update of ( ) S n ′ and ( ) p n are carried out considering the last M ACK signals of each rate. Then we can get:
where ( ) i I j is an indicator function:
L n is the number of transmission periods for which the rate i R is selected during the time from the start till the nth transmission period. In order to minimize the bias against estimation of throughput values ( ) S n ′ , a factor μ is introduced to smoothen the estimated values. Then the estimation of throughput values is estimated as:
where ( 1) S n − is the last actual throughput. The rate control algorithm QARC can be summarized as in algorithm 1. In QARC, it first initializes the probability vector as in equation (4) The index m′ of estimated best rate will update according to the following equations:
where p Δ is a tunable penalty probability parameter.
IV. NUMERICAL AND SIMULATION RESULTS
The well-known simulation tool NS-2 [23] is used to validate the proposed algorithm. Instantiations of the fading channel were generated using the model in [17] . Two different transmission schemes are used for comparison with the proposed rate adaptation system. The first scheme is fixed rate (FR), and the second scheme is the well-known EARF [5] protocol.
For evaluating metrics and the operation of the optimization algorithms, 24 simulation cases were executed. The network topology contains six mesh portal APs and 30 non-portal APs in 5km × 5km area. Same topology was used across the simulations to keep the results comparable with each other. Locations of portal APs were selected manually to create two mesh portal installation sites that both contain three mesh portals. Because three channels were used, this allows each mesh portal in the same installation site to use non-interfering frequency in the optimum frequency assignment. Otherwise the topology is random but some mesh APs were moved to ensure that each AP has a possibility to have a route to a mesh portal. Parameters of the devices were selected based on the specification of Cisco Aironet 1240AG Series 802.11G AP. In multirate operation, the maximum bit rate is 54 Mbit/s with −73 dBm sensitivity. The device has 10 rate steps and the minimum sensitivity is −96 dBm. Interference sensitivity was selected to −99 dBm. In single rate simulations, 54 Mbit/s rate with −96 dBm minimum sensitivity was used.
A. Network performance
In the first scenario, the purpose of the first simulation set was to compare QARC method and evaluate the effect of multirate control metrics on LDWMN deployment design. The station moves with a speed of 0.3m/s. All simulations were run using capacity, AP fairness, and coverage metrics with equal significance values. The initial population size was 400. There are 20 stations around an MAP, and each station transmits a 600 kbps video traffic to the MAP at a speed of 0.25m/s in timevarying channel. A designer was allowed to change the channels and remove nodes but not alter the node positions. Possible neighbor and interfering nodes were known. The strategy was to minimize the interference in the network, distribute mesh points equally for frequency channels, and minimize the route length from each mesh AP to the mesh portal. Fig. 1 shows the goodput, service capacity and fairness of the QARC, fixed rate at 18 Mbps and the EARF scheme.
From Fig. 1 , it shows that the proposed rate adaptation algorithm QARC can fast adapt to the channel change. Though the channel is very good, the fixed rate can't make use of the good channel state in the period of 3 to 15 second and period of 43 to 60 second for it just fixed the transmission around 18 Mbps. Its goodput frequently goes down when the channel state change from good to bad, especially when the channel is bad. Its goodput decreases to 7.83Mbps. For EARF scheme, it cannot adapt to the change of the channel state as fast as the proposed scheme. The average goodput for the proposed QARC is 18.73Mbps, which is higher than that of the EARF scheme about 1.68Mbps, and higher than that of the fixed rate 3.5Mbps. As a result, the proposed system has the best performance among all the schemes. From Fig. 2 and Fig. 3 , we can see the service capacity and fairness of the proposed QARC outperform that of EARC greatly. Fixed rate can not reach the capacity of the LDWMN with the expense of decreased fairness. The proposed QARC can reach close to the capacity of the LDWMN with intelligent rate selection. Results also show that the use of QARC operation has a major effect on the network capacity. This is because QARC can decrease interference and power consumption for long links. The mean capacity increase in the simulations was 171% and 318% with QARC, compared to the capacity of the EARF and QARC. Still, both fairness and coverage were kept above 90% with all simulation cases. In EARC cases, the service fairness is significantly lower due to user unfairness caused by different user rates depending on the user location. Meanwhile the average service capacity of the proposed QARC is about 74.3%, which is higher than those of FR and ARF schemes about 43.7% kbps and 17.6% respectively. Which demonstrates that the proposed QARC can adaptive alter rate and highly improve the capacity of the system in time. Note that in the results in Figs 1, 2 and 3 also show that there is no effort by the algorithm to regulate the transmission rate of the best effort queue. This also validates that the adaptive learning control is effective.
B. End-to-end performance
In this scenario, each MAP is assumed an AP of a BSS. MAPs form a multihop network on a frequency channel, while BSSs operate on other channels. Each station with a speed of 0.25m/s in time-varying channel. Three types of traffic sources are used: VoIP, video, and data. A VoIP source generates data with a mean bit rate of 22.4 kb/s. To preserve voice quality, the maximum delay and packet loss concealment (PLC) should be lower than 60ms and 6%, respectively. The tolerable delay and PLR for video traffic are 100 ms and 0.1%, respectively. A MPDU is dropped if it experiences a delay higher than the tolerable value. A data packet streams with mean packet length of 480 bytes, and maximum packet length of 2000 bytes. Data traffic has no delay restriction, but it requires zero PLR. A 5 × 5 grid topology connecting MAPs is used for evaluation. Adjacent MPs are 100m apart from each other. The transmission range of MPDUs is 120m, and the carrier sense range of MPDUs is about 280m. Considering that the fixed rate scheme and ARF scheme are just fit for single-hop wireless networks, the results obtained by proposed QARC and the enhanced IEEE 802.11e [24] MAC scheme are compared. Figs 4, 5, 6 and 7 show the PLR and end-to-end mean delay for different schemes.
From Fig. 4 , we can see that 802.11e is able to support either 13 2-hop or 5 3-hop concurrent VoIP flows with PLR 6%. An 802.11e MP drops an MPDU packet when it fails to retransmit the MPDU more than several times. Meanwhile, with the proposed scheme, it can support either 38 2-hop or 17 3-hop concurrent VoIP flows with PLR 6%. As shown in Fig. 5 , under 802.11e, end-to-end mean delay is much lower than with proposed scheme can support much more concurrent VoIP flows than 802.11e with higher delay, but well below the delay requirement. The reason is that, for real-time traffic at heavy traffic load, the proposed QARC achieves better channel utilization, decreases end-to-end transmission delay and packet loss rate by adjusting the transmission rate and selecting a better rate according to the learning algorithm to maximize throughput.
For highly burst video traffic, from Figs. 6 and 7 we can see that when using 802.11e, it only can support 2 2-hop or 1 3-hop concurrent video flows, respectively if the tolerable PLR is 0.1%. However with the proposed QARC, the supported numbers of concurrent 2-or 3-hop video flows in the multihop mesh network are 10 and 6 respectively. A video flow offers a much higher load, which leads to a much higher collision probability. Though the packet delay is very small, the PLR of video packets is quite high. 802.11e scheme cannot make a tradeoff between a low delay and high PLR. However, the proposed QARC can determine the transmission rate based on its adaptive learning scheme. It is obvious that the proposed QARC can accurately allocate an appropriate rate to satisfy traffic requirements, which maximizes system throughput by making a lower delay and PLR.
V. CONCLUSION
Focusing on supporting real-time traffic in long distance WMNs, an efficient QoS-aware rate control (QARC) algorithm is proposed. Based on the proposed rate control scheme we have studied the goodput performance and end-to-end performance of WLANbased LDWMN in noise mobile and multihop environment in detail. Detailed simulation results proved the validity of the QARC algorithm can fast detecting the best rate and help the rate selection scheme quickly adapt to different channel states and improve the whole system performance and end-to-end performance, especially for real-time traffic. The proposed scheme also is compatible with the current WLAN and WLAN mesh network protocol and can be conveniently implemented in the devices to support real-time traffic in LDWMN, especially to improve performance of rural mesh networks.
